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Abstract. This paper introduces a two-step dental-drill Noise Reduction (NR) technique based upon the 
Adaptive Noise Cancellation (ANC) system. The proposed technique is particularly designed for the NR 
headphone, which the patients should be wearing while having their dental treatment. Similarly, the 
dentists are also suggested to wear these NR headphones to prevent hearing impairment due to 
excessively high level of drill noise. In the first step of the proposed NR technique, a tone-frequency 
extraction algorithm is proposed to estimate the main spectral component of the dental-drill noise. A 
sinusoidal signal with the estimated tone frequency is generated and subsequently fed to the first adaptive 
filter of the ANC system to remove the main tone frequency from the dental-drill noise. In the second-
step, another adaptive filter of the ANC system is then employed to eliminate the residual high-frequency 
components of the dental-drill noise. Computer simulations based on recorded dental-drill sounds and 
real speech signals demonstrate the effectiveness of the proposed two-step dental-drill NR (TSDNR) 
technique, both in terms of the noise attenuation performance and the speech quality of the enhanced 
speech signal. Moreover, results of a subjective listening test with 15 listeners are also given to guarantee 
satisfied speech quality of the enhanced speech signal employing the proposed TSDNR technique. 
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1. Introduction 
 
Generally, we should go to see the dentists every six months in order to have dental check-up. However, 
some people avoid going to see the dentist regularly because they feel scared to the dental-drill sounds [1]. 
In fact, the dental-drill sounds also affect hearing systems of the dentists who have been exposed to these 
high-pitched sounds throughout his career. Most high-speed dental drills normally contain spectral 
components lying in the range between 2 to 14 kHz [2]. The high-frequency components of the dental-drill 
sounds are due to the use of high-speed electromotor of the drill equipment. Besides, the sound pressure 
level (SPL) of dental-drill sounds in a dental room can reach up to 80 dBA [3] for overall spectrum within 
that range. Thus, the dentists can suffer a temporary hearing loss if they work continuously without any 
hearing-protection devices [4]. Furthermore, permanent hearing loss of the dentists can start to develop 
after they have been working for more than five years [5]. Therefore, if the SPL of the dental-drill sounds 
can be significantly reduced, the risk of hearing loss in the dentists can be minimized. In addition, the 
patients will be able to go for regular dental check-ups. 
Several noise reduction (NR) techniques have been developed to reduce the effect of undesired sounds 
in working environment, such as factory noise, train noise, street noise, engine noise, etc. However, only a 
few NR techniques are proposed for dental-drill noise removal. Normally, the NR techniques are classified 
by their functions into two groups; Passive Noise Control (PNC) and Active Noise Control (AcNC) [6]-[9]. 
The PNC reduces the unwanted noise in a physical way, i.e. by using noise-isolating materials, such as ear 
muffs, ear plugs, etc. This type of NR techniques can reduce the medium-frequency and high-frequency 
components of the undesired noise. However, the PNC type can reduce the SPL up to about 20-30 dB and 
cause discomfort when wearing the devices for a long time. On the other hand, the AcNC approaches 
consume electrical energy and offer noise reduction at low frequencies [7], [8]. The noise-cancelling 
headphones with AcNC use an external microphone to detect the noise. An inverted-phase sound is then 
generated to remove the noise [9]. One example of this type of NR techniques is known as Adaptive Noise 
Cancellation (ANC) system, which usually employs an adaptive filter to estimate the unknown ambient 
noise [10]. This estimated noise signal is subtracted from the noisy speech signal afterwards. 
From the spectral characteristics of  the dental-drill noise, there are a few high spectral peaks in the low-
frequency region and mask nearly all of  the speech spectral components, while lower spectral components 
of  the dental-drill noise are spreading in the high-frequency region, especially beyond the speech frequency 
range. A noise-cancelling headphone has been proposed to remove the dental-drill noise from the desired 
speech signal of  the dentist [11]. A combination between PNC and AcNC is used for dental-drill noise 
reduction. It is shown in [11] that PNC attenuates the drill noise particularly in the mid-frequency and high-
frequency range at least 20 dB. However, the effect of  peaks in the low-frequency region is still audible by 
the patient who wears this noise-cancelling headphone. As for the low-frequency drill-noise reduction, the 
AcNC is used by applying the ANC system to further reduce the peak noises by additional 10 dB [11]. 
Nevertheless, the main drawback of  this dental-drill noise-cancelling technique is that the PNC part causes 
discomfort to the wearers and also attenuates the target speech signal. As a result, this prevents effective 
communications between the dentist and the patient.   
Therefore, an efficient dental-drill NR technique is proposed in this manuscript for noise-cancelling 
headphones. The proposed NR technique aims to alleviate the peaks and the high-frequency dental-drill 
noise without the use of PNC, while preserving the speech quality of the dentists. By employing the ANC 
system in two steps, thus, it will be referred to as the Two-Step Dental-Drill Noise Reduction (TSDNR) 
technique. First, the fundamental sinusoidal frequency of the dental-drill sounds is estimated and is 
removed by the use of the first adaptive filter of the single-microphone ANC system. In the second step, 
the residual high-frequency components of the dental-drill sounds are significantly removed via another 
adaptive filter of the ANC system. The proposed TSDNR technique is particularly designed for the dental-
drill NR headphone without the use of PNC and does not need any Voice Activity Detector (VAD) to 
distinguish between speech and noise frames, while several conventional NR techniques do. Instead, the 
frequency characteristics of the dental-drill sounds are analysed and utilised to obtain the information about 
the dental-drill noise. Hence, the noise attenuation performance of the proposed TSDNR technique is 
independent to the accuracy of VADs. Based upon computer simulations, the noise attenuation 
performance and the distortion of the enhanced speech signal of the proposed TSDNR technique are 
investigated and compared with the conventional two-microphone ANC system. Furthermore, results of a 
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subjective listening test with 15 listeners are given to guarantee satisfied speech quality of the enhanced 
speech signal employing the proposed TSDNR technique. 
In Section 2, some favourite existing NR techniques are summarized; including their advantages and 
disadvantages. The spectral characteristics of the dental-drill sounds are investigated in Section 3. The 
proposed TSDNR is presented in Section 4. Simulation results based on recorded dental-drill sounds and 
speech signals are given in Section 5, followed by the conclusions in Section 6. 
 
2. Related Work 
 
One of the most popular NR techniques for voice communication systems is the Spectral Subtraction (SS) 
method [12], This method is very simple, spectral efficient, and employs only one microphone in the 
system as a sensor for the noisy input signal. An assumption that the desired speech and the additive noise 
signals being uncorrelated to each other is necessary. If the spectrum of the background noise can be 
estimated and is consequently subtracted from the noisy speech spectrum, the enhanced speech spectrum 
can therefore be obtained. It is clear that the quality of the enhanced speech signal by employing the SS 
method depends on the accuracy of the estimated background noise spectrum. In addition, the residual 
noise spectral components at random frequencies result in an artefact, which is known as the musical noise 
[13], and affects the quality of the enhanced speech signal. Various NR techniques have been proposed in 
order to reduce the musical noise effect. One SS-based method employs an adaptive gain function, which is 
obtained from averaging speech sub-spectrum ratio, instead of using direct subtraction [14]. Due to the 
noise characteristics that affect the speech spectrum differently along the frequency regions, a multi-band 
SS method is introduced [15]. In [16], the noise over-subtraction is proposed with spectral floor setting, 
however, this technique results in a trade-off between the residual noise, including the musical noise, and 
speech distortion. Instead of a single over-subtraction parameter, a non-linear SS method with multiple 
over-subtraction parameters is proposed for different interfering noises at each frequency region [17]. 
Alternatively, the a priori Signal-to-Noise Ratio (SNR) estimation is applied to various NR techniques 
without causing the musical noise effect [18], [19]. These NR techniques, however, require the VADs for 
the process of noise spectrum estimate. In fact, the performance of these NR techniques depends on the 
accuracy of the VADs. Based on perceptually motivated cost function, a Gaussian statistical distribution in 
Bayesian framework is applied for speech enhancement [20]. However, this technique introduces speech 
distortion for low input SNR level. Although, a number of noise power spectrum estimation techniques 
have been proposed without the use of any VADs, however, accurate estimation of the noise spectrum is 
not yet obtained, particularly when the noise signal is rapidly changing with time [21]-[25]. 
An alternative approach for reducing the additive noise signal in voice communication systems is the 
ANC system, which employs an adaptive filter. The coefficients of  the adaptive filter are adapted according 
to the error signal minimization. The performance of  the ANC system is specified by the choice of  the 
adaptive filtering algorithm. In contrast to the SS method, the ANC-based NR technique does not need any 
VAD to distinguish between speech and noise frames. Furthermore, the ANC system does not lead to the 
musical noise effect. Normally, the ANC system requires the use of  two microphones. The first 
microphone signal contains the noisy speech signal and is known as the primary signal. The second 
microphone, on the other hand, is assumed to be located very close to the noise source and far away from 
the speech source so that it picks up mostly the additive noise signal, but not the desired speech signal, and 
is referred to as the reference signal. In fact, it is impossible to place the second microphone to pick up only 
the additive noise signal, without being contaminating by the desired speech signal.  
The block diagram of  two-microphone ANC system is illustrated in Fig. 1 [10]. The primary signal, 
𝑥(𝑛), contains the desired speech signal, 𝑠(𝑛), and the noise signal, 𝑑1(𝑛), which are assumed to be 
uncorrelated to each other. This additive noise signal, 𝑑1(𝑛), travels through the signal path between the 
noise source and the first microphone, which is represented by a Finite Impulse Response (FIR) filter, 
ℎ21(𝑛). Similarly, the reference signal contains the noise signal, 𝑑(𝑛), and the additive speech signal which 
travels through another signal path between the desired source and the second microphone, representing by 
ℎ12(𝑛) . Ideally, ℎ12(𝑛) should be zero. Thus, the adaptive filter, 𝑤(𝑛) , attempts to estimate ℎ21(𝑛) , 
resulting in the output of  the adaptive filter approaching ?̂?1(𝑛). The error signal, 𝑒(𝑛), is used to control 
the adaptive filter, 𝑤(𝑛) , by the choice of  a suitable adaptive filtering algorithm. Based upon the 
Normalized Least Mean Square (NLMS) algorithm [10], the computational complexity of  the two-
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microphone ANC system depends on the order of  the adaptive filter, 𝑤(𝑛). 
 
 
 
Fig. 1. The block diagram of the two-microphone ANC system. (mic1 denotes the first microphone, mic2 
denotes the second microphone). 
 
3. Spectral Characteristics of the Dental-Drill Sounds 
 
To understand the dental-drill sounds, which is crucial to designing a noise reduction algorithm, its 
temporal and spectral characteristics, as well as noise levels over frequency range are studied in this Section. 
The magnitude spectra over consecutive frames of the recorded dental-drill sound are shown in Fig. 2. It is 
noted that the magnitude spectrum in Fig. 2(a) represents typical dental-drill sound when the dental 
equipment is turned on but with no dental treatment [26], whereas those in Fig. 2(b) and Fig. 2(c) indicate 
typical dental-drill sounds under dental treatment conditions [27], [28].  
Considering Fig. 2(a), it is evident that the recorded dental-drill sound in [26] has dominant peak 
magnitude at a single frequency around 8 kHz. From Fig. 2(b) and (c), the dental-drill spectra from [27], 
[28], there are not only dominant peak magnitudes, but these peak frequencies also change over time, i.e. 
from around 7-8 kHz for the fundamental frequency component. In addition, there also exist their 
corresponding peak magnitudes at their harmonic frequency around 14-16 kHz. Note that, the frequency 
drift of the dental-drill sound under dental treatment can be caused by either the change in the motor speed 
(which is controlled by the dentist) or the vibrational resonant frequency of the dental drill when it is in 
contact with teeth. In addition to the dominant peak magnitudes and their harmonics, the dental-drill 
spectra in Fig. 2(a)-2(c) exhibit wide-band characteristics distributed over the audible frequency band, 
however, at lower spectral magnitudes. Fig. 3(a)-3(c) are spectrogram plots of the corresponding dental-drill 
noise spectra in Fig. 2, which provide more details of the temporal characteristics, particularly the change of 
the dominant tone-frequency over time. 
From the above discussion, it can be deduced that the dental-drill sounds are of non-stationary type, 
where most of its power is concentrated at the dominant peak or tone frequency, while the rest of the noise 
power spreads over the entire audible frequency band. These spectral characteristics will be employed in the 
designing process of the proposed efficient dental-drill NR technique in the next Section. 
For typical speech spectral characteristics, it is known that the spectra of vowel (or voiced) sounds in 
low frequency band up to 1 kHz carry most of the speech power, whereas the spectra of consonant (or un-
voiced) sounds in high-frequency band from 1 kHz up to 5-6 kHz provides speech intelligibility. By 
comparing the dental-drill spectrum plots with a speech spectrum of the same sampling frequency in Fig. 4, 
it is clearly seen that most of the dental-drill noise spectral components during the speech bandwidth; i.e. 0-
5 kHz, the power of their magnitude spectrum is typically much lower than that of vowel sounds under 
normal sound utterance. Hence, the dental-drill noises are totally masked by the speech spectral 
components during the speech bandwidth. 
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(a)  
 
(b)  
 
(c)  
 
Fig. 2. Overlay plots of the magnitude spectrum of (a) dental-drill sound from [26], (b) dental-drill sound 
from [27], and (c) dental-drill sound from [28]. (Sampling rate of 32 kHz). 
 
On the other hand, during the frequency range beyond the speech bandwidth; i.e. 5-16 kHz, the peak 
magnitude spectrum of dental-drill noises is located within the frequency range of consonant sounds. In 
fact, its peak power is much higher than the speech spectral ones. Thus, in this frequency region, the 
speech spectrum is negligible and only the dental-drill noise spectrum is present. 
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(a) 
 
(b) 
 
(c) 
 
Fig. 3. Spectrogram plot of dental-drill sounds: (a) fixed tone-frequency from [26], (b) and (c) time-varying 
tone-frequency from [27] and [28], respectively. (Sampling rate of 32 kHz). 
 
 
 
Fig. 4. The magnitude spectrum of a speech signal in [29]. 
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4. The Proposed Two-Step ANC System for Dentist-Drill Noise Reduction Technique 
 
In this work, it is supposed that the patient wears the noise-cancelling headphone that employs the 
investigated NR techniques on both sides of the earphones during dental treatment, as illustrated in Fig. 5. 
Hence, all the explanation is given for one side of the earphone and it will also be applied to the other side. 
In fact, similar explanation serves for the case when the dentist also wears the noise-cancelling headphone 
with the investigated NR techniques too. Based upon the operation of the two-microphone ANC system, 
the first microphone is located at the inner side of the loudspeaker of the earphone, enabling the detection 
of the noisy speech signal. The second microphone should be attached to the outer side of the loudspeaker 
or somewhere close to the drilling device in order to detect mainly the undesired dental-drill sound. 
Consequently, the dental-drill noise entering the ears will be removed from the noisy speech signal, albeit 
under the assumption that the reference signal contains only the noise. However, such an ANC system, 
suffers from the fact that the required assumption is entirely impractical. This is because the noise source, 
namely the dentist-drilling tool, is always close to the patient’s ears during dental treatment, thereby making 
it difficult to allocate the reference microphone to pick up mainly the dental-drill noise. As a consequence, 
the noise suppression based upon the conventional two-microphone ANC system results in significant 
degradation of the enhanced speech quality. 
 
 
 
Fig. 5. Layout of the dental-drill NR headphone. 
 
4.1. The single-microphone Two-Step ANC system: System and Operation 
 
As illustrated by the block diagram in Fig. 6, the proposed TSDNR technique employs the “single-
microphone” ANC system in two steps. As compared to the conventional two-microphone ANC system 
in Fig. 2, the proposed TSDNR system makes use of two parallel adaptive filters, 𝑤1(𝑛) and 𝑤2(𝑛), and 
only the primary microphone is used to detect the noisy speech signal. With no use of the second 
microphone, the reference signal is extracted from the noisy speech signal in order to obtain different 
spectral parts of the dental-drill noise (as will be explained later in this sub-section), and these are 
subsequently fed to the parallel adaptive filters for the first-step and the second-step noise reduction 
process, hence the so-called “single-microphone two-step ANC system”. The use of “single-
microphone” ANC system offers improved feasibility and efficient implementation of the proposed 
TSDNR technique. 
Due to the fact that the peak frequency magnitude of the dental-drill noise contains most of the power, 
and that the low-frequency spectrum of the dental-drill noise can be masked by vowel spectrum during 
speech activity, the “first-step” of the proposed TSDNR technique is set to mainly remove the peak tone-
frequency from the primary signal. From the block diagram of the proposed TSDNR technique, as shown 
in Fig. 6, this is accomplished by extracting the peak tone-frequency from the noisy speech spectrum, 
which is detected by the primary microphone, and uses it as the reference signal for the first adaptive filter, 
𝑤1(𝑛). It is important to note that, for this first step of dental-drill noise reduction, the removal of the 
dental-drill noise within the consonant spectral band is avoided in order to maintain speech intelligibility. 
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This is justified by subjective test results performed in Section 5, where the residual noise showed minimum 
impact on the speech quality.  
 
 
 
Fig. 6. The block diagram of the proposed TSDNR technique. 
 
The “second-step” of  the proposed TSDNR technique is set to eliminate the dental-drill spectral 
components beyond the speech frequency band, including the harmonic of  the peak tone-frequency. This 
is achieved by employing the second adaptive filter, 𝑤2(𝑛), where the reference signal to 𝑤2(𝑛) is extracted 
from the noisy speech signal by the high-pass filter, HPF, as shown in Fig. 6. For a given filter order, Nh, the 
cut-off  frequency (Fc) of  the HPF must be sufficiently low to enable large reduction of  high-frequency 
dental-drill noise spectral components, but sufficiently high to avoid interfering with speech spectrum, 
particularly during the consonant spectral band, which may result in speech degradation. It is noted that 
although the filter order of  the HPF, Nh, should be kept small for low implementation complexity, a lower-
order HPF exhibits a wider transition band, resulting in a higher level of  speech degradation. Thus, there 
exist a trade-off  among noise reduction, speech quality, and implementation complexity. From the 
aforementioned discussion, it can also be deduced that the use of  the first-step of  the proposed TSDNR 
technique considerably helps relax the trade-off  by removing the peak tone-frequency of  the dental-drill 
noise located near the consonant spectrum, thereby removing it from the performance trade-off  space. 
In summary, the peak tone-frequency and the residual high-frequency dental-drill noises are therefore 
removed from the primary signal, 𝑥(𝑛), by employing the first-step and the second-step of  the proposed 
TSDNR technique, respectively. The enhanced speech signal, ?̂?(𝑛), is therefore obtained at its output. In 
the next subsection, the proposed tone-frequency extraction algorithm is explained in details. 
 
4.2. Tone-Frequency Extraction Algorithm 
 
 
Fig. 7. The block diagram of the tone-frequency extraction algorithm. 
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In the first-step of  the proposed TSDNR technique, the dominant sinusoidal frequency of  the dental-drill 
noise is estimated. The “tone extraction” module, whose block diagram is illustrated in Fig. 7, is the main 
part of  this first step. The noisy signal is partitioned into 30-ms frames, 𝑥(𝜏), which are analyzed via the 
Short-Time Fourier Transform (STFT) in order to detect for its peak, as given by 
 
𝑋(𝑘, 𝜏) = ∑[𝑥(𝜏𝐿 + 𝑖) − 𝑥(𝜏)̅̅ ̅̅ ̅̅ ] ∙ 𝑒−𝑗(2𝜋 𝐿⁄ )𝑖𝑘
𝐿−1
𝑖=0
           (1) 
 
where 𝑘 represents the frequency bin index, 𝜏 stands for the time frame index, 𝐿  denote the length of 
framed signals, and 𝑥(𝜏)̅̅ ̅̅ ̅̅  is the DC component of 𝜏-th frame signal. 
The dominant tone-frequency of the dental-drill noise is then estimated by detecting its peak, as shown 
by the “peak detection” module. Once the peak is detected, the frequency bin index of each 𝜏-th frame 
peak, 𝑘𝑚𝑎𝑥(𝜏), is therefore identified. For the “frequency threshold adaptation” module, the threshold of 
the frequency bin index, 𝜅(𝜏), is adopted at each frame index by using 𝑘𝑚𝑎𝑥(𝜏) as follows. 
 
𝜅(𝜏) = ⌊𝛾 ∙ 𝜅(𝜏 − 1) + (1 − 𝛾) ∙ 𝑘𝑚𝑎𝑥(𝜏)⌋ (2) 
 
The parameter 𝛾  denotes the weighted factor and the ⌊ ∙ ⌋ represents the floor operator. Then, in the 
“frequency bound updating” module, the obtained 𝜅(𝜏) is used to update bounds for ensuring whether the 
detected frequency bin index of peak in the next frame is the frequency bin index of the dental-drill sounds, 
not the speech signal, i.e., (𝜏) − 𝛿 ≤ 𝑘𝑚𝑎𝑥(𝜏 + 1) ≤ 𝜅(𝜏) + 𝛿 , whereas 𝛿 is a small positive value chosen 
appropriately from the observation of noise variation under the assumption that the dental-drill noise 
gradually change with time. Next, the concatenation of frame signals being generated must be smoothed by 
using phase-concatenating equation provided in the “initial phase adaptation” module, as given below. 
  
𝜙𝑖(𝜏) = [𝑘𝑚𝑎𝑥(𝜏) − 𝑘𝑚𝑎𝑥(𝜏 − 1)] ∙ (𝜏 − 1) ∙ 𝐿 + 𝜙𝑖(𝜏 − 1) (3) 
 
Finally, the magnitude of the sinusoidal signal being generated for the 𝜏-th frame, |𝑑1(𝜏)|, needs to be 
approximated and updated with smooth adaptation to avoid discontinuities from signal concatenations. 
The “magnitude estimation” module estimates |𝑑1(𝜏)| with the mean of the peak magnitude of framed 
noisy signal, |𝑥(𝜏)|. The estimated magnitude is also smoothed by the “magnitude adaptation” module via 
the smoothing magnitude equation, as given by 
 
|𝑑1(𝜏)| = 𝜆 ∙ |𝑑1(𝜏 − 1)| + (1 − 𝜆) ∙ |𝑥(𝜏)| (4) 
 
where 𝜆 represents the smoothing magnitude factor. Due to the fact that the tone-frequency is slightly 
shifting with time. It is therefore necessary to generate the sinusoidal signal with continuous phase, 
otherwise there will be spectral leakage. This is obtained by employing the “continuous-phase sine 
generating” module. The signal at the 𝜏-th frame can then be achieved: 
 
𝑑1(𝜏) = |𝑑1(𝜏)| ∙ sin (2𝜋𝑓𝑚𝑎𝑥(𝜏)𝑡 + 𝜙𝑖(𝜏)) (5) 
 
where 𝑡 = 0,
1
𝑓𝑠
,
2
𝑓𝑠
, … ,
(𝐿−1)
𝑓𝑠
, whereas 𝑓𝑠  is the sampling frequency of the investigated signal. Then, the 
noise signal, 𝑑1(𝑛), is estimated by concatenating of generating frame signals, 𝑑1(𝜏). 
In practice, once the frequency component of this pure tone at about 8 kHz is detected, we can 
therefore generate the sinusoidal signal with the same frequency of the main spectral component of the 
dental-drill noise. Consequently, this estimated sinusoidal signal is used as the reference signal of the first 
adaptive filter of the proposed TSDNR technique. As a result, the main tone frequency of the dental-drill 
noise, can be removed from the primary signal.  
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4.3. Computational Complexity of the Proposed TSDNR Technique 
 
Finally, the computational complexity of  the proposed TSDNR technique is investigated. By considering 
the case of  the two-microphone ANC system, the adaptive filter, 𝑤1(𝑛), needs to identify the unknown 
signal path, ℎ21(𝑛), between the dental-drill equipment and the first microphone (mic1). The order, N1, of  
the adaptive filter, 𝑤1(𝑛), depends on the length of  the impulse response of  the signal path, ℎ21(𝑛). Based 
on the FIR structure, the length of  the adaptive filter, 𝑤1(𝑛), can generally be up to thousands of  filter 
coefficients in order to model the signal path, ℎ21(𝑛)   [30], [31]. This results in high computational 
complexity and slow convergence of  the adaptive filter. Moreover, since the dental-drill equipment and the 
dentist’s speech are very close to each other, this makes the reference signal contain a lot of  speech signal, 
yielding the conventional two-microphone ANC system ineffective. Thus, a high-pass filter is also necessary 
to remove the residual dental-drill noise afterwards.  
On the other hand, the proposed TSDNR technique detects the peak tone-frequency of  the dental-drill 
noise in its first-step. Hence, a sinusoidal signal with this detected frequency is then generated and used as 
the reference signal of  the adaptive filter, 𝑤1(𝑛). The second microphone signal, or the reference signal is 
not required. The function of  the adaptive filter, 𝑤1(𝑛), is to handle with the magnitude and phase of  this 
estimated sinusoidal signal. Thus, the order, N1, of  the adaptive filter, 𝑤1(𝑛), of  the proposed TSDNR 
technique can be much shorter than that of  the conventional two-microphone ANC system. Furthermore, 
a high-pass and another adaptive filters, 𝑤2(𝑛), should also be used to remove the residual dental-drill noise 
beyond the speech frequency band. In particular, the use of  single-microphone ANC system of  the 
proposed TSDNR technique avoids the need of  the second microphone and reduces the implementation 
cost.  
 
5. Simulation Results 
 
In this research work, the proposed TSDNR technique was investigated with 30 noisy speech signals, where 
10 speech signals from IEEE Corpus database [29] and 3 recorded dental-drill noises were used [26]-[28]. 
All investigated signals were having the sampling rate of 32 kHz with various input Signal-to-Noise Ratio 
(SNR) levels at the primary microphone as -10, -5, 0, 5 and 10 dB. The orders of the adaptive filters in both 
steps were selected as 127. The cut-off frequency of the high-pass filter of order Nh = 128 in the second 
step of the proposed TSDNR technique was chosen to be Fc =10 kHz so as not to affect the speech 
spectral components at low frequencies, thus, the speech distortion is minimized. The proposed TSDNR 
technique was investigated and compared with the conventional two-microphone ANC system in realistic 
scenario. 
A number of performance indices were observed. The noise attenuation performance of all the 
investigated NR techniques was given by Segmental SNR Improvement (Δ𝑆𝑒𝑔SNR), which was defined by 
the difference between the output SegSNR and the input SegSNR, i.e.  
 
𝑆𝑒𝑔SNR (𝑑𝐵) =  
10
𝑀
∙ ∑ log10 (
∑ 𝑠2(𝑛)𝐿𝑚+𝐿−1𝑛=𝐿𝑚
∑ (𝑠(𝑛) − ?̂?(𝑛))
2𝐿𝑚+𝐿−1
𝑛=𝐿𝑚
)
𝑀−1
𝑚=0
 (6) 
 
Moreover, the Log Spectral Distance (LSD) [32] between the enhanced signal and the original speech signal 
was used to measure the speech distortion, as given by  
 
LSD (𝑑𝐵) =  
1
𝑀
∙ ∑ √
1
𝐾
2 + 1
∑ (10 ∙ log10 (
|𝑆(𝑘, 𝑚)|
|?̂?(𝑘, 𝑚)|
))
2𝐾/2
𝑘=0
𝑀
𝑚=1
 (7) 
 
where the parameter M represents the number of voice frames in the time domain and K represents the 
number of frequency bins. 
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(a) 
 
(b) 
 
(c) 
 
(d) 
 
(e) 
 
Fig. 8. Waveform plots of (a) clean speech signal, (b) noisy speech signal (input SNR of -5 dB), (c) the 
enhanced speech signal by using the conventional two-microphone ANC system, (d), (e) the enhanced 
speech signals by using the first-step and the second-step of the proposed TSDNR technique. 
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(a) 
 
(b) 
 
(c) 
 
(d) 
 
(e) 
Fig. 9. Spectrogram plots of (a) clean speech signal, (b) noisy speech signal (input SNR of -5 dB), (c) the 
enhanced speech signal by using the conventional two-microphone ANC system, (d), (e) the enhanced 
speech signals by using the first-step and the second-step of the proposed TSDNR technique. 
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By considering at one particular case of a noisy speech signal when the input SNR was -5 dB, the clean 
speech and noisy speech signals are shown in Fig. 8(a) and Fig. 8(b), respectively. It is obviously shown in 
Fig. 8(d) and Fig. 8(e) that a large amount of the additive dental-drill noise is significantly removed by using 
the proposed TSDNR technique. On the contrary, as illustrated in Fig. 8(c), an inferior performance is 
obtained by using the conventional two-microphone ANC system, where the dental-drill noise spectrum 
cannot be removed effectively. 
These comparisons was also observed via the spectrogram plots in order to illustrate in the frequency 
domain that the spectral components of dental-drill noise were drastically eliminated, by using the first-step 
and the second-step of the proposed TSDNR technique, as given in Fig. 9. Furthermore, the averaged 
magnitude spectrum plots of clean, noisy, and enhanced speech signals over 50 consecutive frames are also 
given in Fig. 10 to guarantee the noise attenuation performance of the proposed TSDNR technique. 
It is clearly presented by observing at the averaged magnitude spectrum plots over 50 consecutive 
frames in Fig. 10 that the dental-drill spectral components are removed sufficiently after the first-step and 
the second-step of the proposed TSDNR technique. However, it is noticed that there exist residual dental-
drill noise components in the frequency range beyond 9 kHz. 
 
 
 
Fig. 10. The comparison of averaged magnitude spectrum plots of the clean, noisy, and enhanced speech 
signals of the conventional two-microphone ANC and the proposed TSDNR technique (after the first-step 
and the second-step), over 50 consecutive frames. 
 
By observing over 30 noisy speech signals, the averaged Segmental SNR Improvement of the proposed 
TSDNR technique is presented for various input SNR levels in Table 1. It is illustrated that once the main 
spectral component of the dental-drill noise is removed by employing the first step of the proposed 
TSDNR technique, very large value of SegSNR improvement can be obtained. Moreover, the second step 
of the proposed TSDNR technique improved further the noise attenuation performance about 3-5 dB. 
Therefore, the overall performance of the TSDNR technique is far better than that of the conventional 
two-microphone ANC system. 
By considering at the LSD, as given in Table 2, the proposed TSDNR technique provides lower level 
of speech distortion than the conventional two-microphone ANC system. It is also observed that the 
speech distortion level is increased slightly at very low input SNR levels.  
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Table 1. The SegSNR improvement of the investigated NR techniques. 
 
Input SegSNR 
(dB) 
∆𝑺𝒆𝒈𝐒𝐍𝐑 (dB) 
The conventional 
two-microphone 
ANC system 
The proposed 
TSDNR technique  
(the 1st step) 
The proposed 
TSDNR technique 
(the 2nd step) 
-10.00 9.26 8.66 13.36 
-5.00 6.26 6.69 10.89 
0.00 3.34 4.96 9.32 
5.00 1.54 3.68 8.63 
10.00 0.68 2.96 7.39 
 
Table 2. The LSD of the investigated NR techniques. 
 
Input SegSNR 
(dB) 
𝐋𝐒𝐃 (dB) 
The conventional 
two-microphone 
ANC system 
The proposed 
TSDNR technique  
(the 1st step) 
The proposed 
TSDNR technique 
(the 2nd step) 
-10.00 3.63 3.16 1.46 
-5.00 3.41 2.97 1.45 
0.00 3.10 2.76 1.39 
5.00 2.90 2.60 1.36 
10.00 2.51 2.36 1.28 
 
Table 3. The MOS values of the investigated NR techniques. 
 
Observed Signals MOS values 
Clean speech signal 4.9 
Noisy speech signal  
(input SNR of -5 dB) 
2.1 
The conventional two-microphone  
ANC system  
2.8 
The proposed TSDNR technique  
(after the first step) 
3.4 
The proposed TSDNR technique  
(after the second step) 
4.1 
 
Furthermore, the subjective listening test was also carried out. The Mean Opinion Score (MOS) value 
was obtained based on 15 listeners, at the input SNR of -5 dB. By the informal listening, the high-pitched 
dental-drill sounds were no longer audible in the enhanced speech signals of the first-step and the second-
step of the proposed TSDNR technique. It can be clearly seen from Table 3 that the MOS value of the 
enhanced speech signal employing two steps of the proposed TSDNR technique is better than that of the 
conventional two-microphone ANC system. 
 
6. Conclusions 
 
The TSDNR technique has been proposed for dental-drill noise reduction with the use of two separate 
single-microphone ANC systems in two steps. In the first step, the proposed tone-frequency extraction 
algorithm and an adaptive filter are employed together to removed significantly the main tone-frequency of 
the dental-drill noise. Then, in the second step, with the use of the second adaptive filter and a high-pass 
filter, the residual high-frequency dental-drill noise is satisfactorily removed. Although, the proposed 
TSDNR technique employs two adaptive filters, its computational complexity can be a lot lower than that 
of the conventional two-microphone ANC system due to its lower order of the adaptive filter, especially in 
the first step of the proposed TSDNR technique. In addition, the use of a single microphone offers 
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improved feasibility and efficient implementation of the proposed TSDNR technique. It has been 
demonstrated both by objective and subjective results that the proposed TSDNR technique can remove the 
dental-drill noise effectively, whereas the speech quality of the enhanced speech signal is reasonably 
preserved.  
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